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Abstract—In this paper, we present an experimental evaluation
of the recently standardized Opus codec used in a VoIP context.
Opus operates in both narrow and wideband modes, similar to
Adaptive Multi-Rate (AMR). Through the use of the Wideband
Perceptual Evaluation of Speech Quality (WB-PESQ) metric, we
have conducted an extensive set of experiments using multiple
audio samples encoded at different bit-rates, to investigate the
impact of packet loss on resulting speech quality. Using these
results, fitting functions for each bit-rate were computed to
provide a straightforward manner of evaluating speech quality
when given a specified packet loss rate. Using ns-2, a simulation
analysis was conducted to evaluate the effect of background
traffic on transmitted Opus streams. We observed that, when
using different levels of background traffic, the observed packet
loss rates varied heavily depending on the stream bit-rate. By
correlating this information with the fitting functions derived
previously, we were able to define switching thresholds. These
are points where the speech quality of a lower bit-rate stream is
greater than that of a higher bit-rate stream for the same levels
of link bandwidth saturation.
I. INTRODUCTION
In VoIP systems the codec heavily influences the resulting
speech quality. This is because it specifies components such
as compression algorithms and encoding modes, allowable
bit-rates, frame sizing, etc. Narrowband codecs operate on
frequencies between 300 Hz and 3.4 kHz, while wideband
codecs operate on a larger range of frequencies resulting in
higher call quality.
Multiple wideband codecs have been released in an effort
to improve the quality of encoded speech. Examples of these
include G.722 [1], AMR-WB [2] and G.722.1 [3]. The Opus
codec [4], standardized in September 2012, is designed to be
an open codec, supporting many audio applications. Opus is
comprised of a modified SILK codec [5] and the CELT codec
[6][7]. Opus supports bit-rates from 6 kbps up to 510 kbps,
with sampling rates from 8 kHz to 48 kHz, as detailed in
[4], making it applicable for many usage scenarios. While
limited research has been conducted using the Opus codec,
it has been shown to be comparable and in some cases, it
provides a better quality than many popular codecs for similar
bit-rates [8]. Opus also allows for the use of a variety of frame
sizes, from 2.5ms up to 60ms [4]. Using larger frame sizes
reduces the number of packets transmitted per second, making
more efficient use of bandwidth by minimizing the overhead of
protocol (MAC/IP/UDP/RTP) headers. However, this increases
latency, as audio frames have an increased length for encoding
and sensitivity to packet loss, as more audio data is contained
per packet. Similarly to most codecs used for VoIP, a frame
size of 20 ms is used throughout this paper.
An extensive set of experiments were conducted using the
Opus codec in order to investigate the performance of different
bit-rates under varying packet loss rates. The ITU-T standard
wideband codec measurement tool WB-PESQ [9] was used
to provide a Mean Opinion Score (MOS) for call quality for
each test case. These were conducted using multiple audio
samples and were run to a 99% confidence level with a 1%
error (Section III-B). The reason for doing this was to allow us
to derive a fitting function for each bit-rate which indicates the
expected call quality as the packet loss rate increases, without
requiring real-time WB-PESQ analysis (Section III-C). Thus,
this provides a more straightforward method of assessing call
quality for the Opus codec. Comparing packet loss with delay
and jitter, our experiment indicated that, in a low delay and
jitter scenario, with limited small buffer size, the call quality
degradation, in terms of MOS, resulting from delay is limited
to lower than 4%, while packet loss is the dominant factor in
quality degradation.
Furthermore, a network simulation was carried out using
ns-2 to investigate the impact of increasing background traffic
on a bandwidth-constrained network. The network environ-
ment with continuously increasing background traffic was
simulated and the packet loss of an Opus VoIP call was
monitored. Here, we only focus on the effect of packet loss for
each bit-rate. From these experiments, it can be observed that
different bit-rates experience varying levels of packet loss for a
given level of congestion. We then combine these simulation
results with the fitting functions from the PESQ analysis in
order to find the relation between bit-rate, packet loss rate,
and call quality. Furthermore, our results show that having a
mapping from packet loss to call quality between different bit-
rates allows for the determination of points where adapting the
bit-rate results in a better call quality (Section IV-B).
II. RELATED WORK
As network conditions can vary widely, particularly in
wireless scenarios, the quality of VoIP services can be im-
proved by adapting the bit-rate accordingly. This can be
achieved through the use of an adaptive codec such as AMR or
Opus. With Opus’ support for real-time adaptation of bit-rates,
other, lower quality codecs are not required when adapting
the bit-rate, thus noticeable silent gaps in the audio can be
avoided [10]. Results comparing the quality and latency of
Opus to other codecs are presented on the Opus website [8].
They show that the Opus codec MOS values outperform the
other codecs for bit-rates higher than 16 kbps, and that they
are similar to AMR and better than both iLBC and Speex for
bit-rates between 16 kbps and 8 kbps. Several Opus listening
tests [8] were undertaken by different groups and it was shown
that for 11 kbps, 15 kbps and 20 kbps bit-rates, Opus achieved
higher values for MOS than Speex (narrowband), iLBC, and
Speex (wideband) respectively. In addition, the results also
indicate that the encoding delay of Opus is lower than the
ones of other popular codecs for bit-rates up to 80 kbps.
The authors of [11] investigate the quality of the 3 modes
of the Opus codec: LP mode (SILK based), hybrid mode
and MDCT mode (CELT based). According to their results,
the LP mode of the Opus codec yields a moderate voice
quality, comparable to AMR and AMR-WB for similar bit-
rates. When using the hybrid mode, at 20kbps Opus achieves
similar quality to the LP mode, while at 24kbps, it produces
higher quality than G.722.1C [3]. They also demonstrated that
the MDCT mode does not produce as high a quality as the
hybrid mode, when used for voice applications. The authors
of [12] investigate the performance of Opus for VoIP, however
their analysis used only a single bit-rate configuration.
The WB-PESQ standard [9] is an extension of the PESQ
standard [13]. This wideband extension predicts the subjective
score that would be attributed for a wideband speech sample
by a panel of listeners. The POLQA metric was not used
as the toolkit was not directly available. However, a direct
comparison between the MOS results of WB-PESQ and PESQ
is not possible due to their different target applications and the
fact that they are based on a subjective scale. According to the
authors of the WB-PESQ standard [9], the MOS results for a
given speech quality level can be impacted by the language
used. Japanese and Korean languages [14] are known to yield
higher MOS values when subjected to the same amount of
signal distortion. In this paper, we thus only study American
English samples, leaving the study of other languages for
future work.
The survey described in [15] investigates application layer
mechanisms for speech quality adaptation in VoIP, including
bit-rate control, Forward Error Correction (FEC) control, play-
out scheduling adaptation, etc. Moller et al. have shown in
[16] that switching from one codec to another can improve the
speech quality, if the former codec was suffering a high packet
loss rate and if the latter codec significantly reduces the packet
loss impact on the speech quality. Furthermore, in [17], the
authors note that decreasing the transmission rate by increasing
packet size is not an effective method of ensuring voice quality,
possibly due to the fact that more voice data is lost when a
packet is lost. To combat this, the authors proposed a similar
switching method to [16]. However, in both of these papers,
handover was investigated between two different codecs rather
than one supporting real-time self-adaptation of its bit-rate. In
this paper, we focus on the same idea applied to the Opus
codec only, as it is able to provide a dynamically adaptable
bit-rate.
III. OPUS PACKET LOSS PERFORMANCE ANALYSIS
Assuming all other encoding parameters are maintained at
the same value, a higher bit-rate results in better quality. When
using a frame size of 20 ms, suggested bit-rate ranges for
different applications are provided in [4]. In this paper, we
investigate Opus with 20 ms frame size, which is the most
common frame size with other popular codecs. In this way,
the results in this paper can be compared to those from other
codecs.
As existing wideband codecs such as AMR-WB support
bit-rates up to 20 or 24 (limited use) kbps and 20 kbps is the
highest bit-rate supported in Opus LP mode, 3 bit-rates from
8 to 20 kbps were chosen to be the focus for our experimental
evaluation. Additionally, through our experiments, it was found
that PESQ-WB gives more accurate results when all the test
samples are in one single mode of the Opus codec. Inconsistent
results were observed in our experimental evaluation when
analyzing two samples that are encoded by two different
modes, i.e. LP and Hybrid mode.
A. Experimental Setup
The aim of this experiment was to investigate Opus perfor-
mance, under varying packet loss rates. The Opus development
package (opus-tools v0.1.8 and libopus v1.1-rc3) from [8] was
used for encoding and decoding voice samples using suggested
samples from the ITU [18], along with a voice sample from
the Opus website [8]. The sample from [8], (referred to as
‘original’) is uncompressed speech, consisting of a continuous
speech by 2 males and 2 females, each for one sentence for a
total duration of 10 seconds. The 4 samples selected from [18]
are uncompressed speech in American English from 2 males
and 2 females separately. Each clip is approximately 8 seconds
long, each has two sentences separated by a 2 second period
of silence. These are referred to as Male 1 & 2 and Female 1
& 2. This matches the recommended test sample duration of
8 to 12 seconds, with 2 to 4 sentences separated by silence
periods [9]. All the samples had a 16 kHz sample rate and
16 bits per sample. The samples were encoded at 20 kbps, 14
kbps and 8 kbps from their original audio sample, using the
OPUS APPLICATION VOIP flag.
Furthermore, to study the effect of transcoding (in which
an intermediary node re-encodes the audio at a lower bit-rate),
we also tested samples that were transcoded from 20 kbps
encoding to 14 kbps and 8 kbps, and also from the 14 kbps
encoding to 8 kbps. In a two person call, it would be likely
that the source will adapt the bit-rate should this be necessary.
However, in a multi-party call, the link qualities of participants
may vary. Therefore, some callers may be able to support the
high quality audio, while others can only support the medium
or low quality audio. The use of transcoding enables this to be
achieved without sacrificing the call quality for all participants.
Thus, for the sake of completeness, we included this scenario
in our experimental evaluation.
Figure 1 shows the experimental framework. Experiments
were conducted using the Opus codec implementation avail-
able at [8]. A set of samples in PCM format were used as
input to the Opus encoder. Opus encoded the samples using
the specified bit-rate and generated an Opus format audio file
as output. The Opus decoder then took the encoded Opus
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Fig. 1. Analysis Workflow
audio file and decoded it to a Wave file in PCM format for
comparison with the original audio sample. We have modified
the Opus decoder to introduce a time-based random packet
loss generator that, when given a desired packet loss rate X,
each packet that is packetized from the Opus format audio has
a chance of X% (i.i.d) of being dropped and replaced by an
empty (null) payload packet. The decoded Opus audio, along
with the original sample were input to PESQ-WB software and
a call quality indicator for MOS was given.
It is not uncommon to have above 10% packet loss in a
wireless connection [19], therefore we extended our analysis
to a loss rate of up to 20% to have a better understanding
of the audio quality degradation introduced by a larger range
of packet loss rates. Packet loss rate experiments from 0% to
20% were conducted in 1% increments. For each audio sample
and packet loss rate, experimental runs were repeated until the
mean value over the set of experiments meets a confidence
level of 99% with 1% margin of error. An initial set of 20
runs were completed before the first mean value is calculated,
avoiding early termination of the experiment if the first few
outcomes produce similar scores. After these 20 runs, the mean
value is then calculated after every test run, until 99% of the
output MOS values are in 1% error range of the mean value.
Repeating the experiments for a large number of tests ensures
a smooth and a more reliable indication of degradation over
different packet loss rates.
B. Experimental Results
The call qualities for each of 5 samples for each bit-rate
at every packet loss rate point were calculated and shown in
Figure 2. This figure not only shows impact of packet loss for
each individual sample Figure 2(a-e), but also shows the MOS
values averaged across all 5 samples Figure 2(f).
The results in Figure 2 have some variance from each
other for different reasons. The ‘original’ sample results in (a)
degrade faster than the others due to its different composition,
in terms of more speech content contained in the sample.
This is four sentences spoken by 2 males and 2 females in
a single audio sample, leaving less silence, thus making it
more sensitive to increasing packet loss. The results of the
Female 1 sample in (b) indicate that it is more robust to packet
loss, but the 8 kbps stream that is encoded from uncompressed
audio drops faster than the stream transcoded from the already
compressed 14 kbps and 20 kbps streams. This may be due
to a combination of the speech pattern in the sample and the
fact that in the directly encoded 8 kbps case, higher quality
audio is lost, leading to a larger degradation overall. This
experiment was repeated to verify this behaviour. However,
further investigation of distribution of loss for the Female 1
sample is required. Comparing the Female 2 sample (c) with
the Male 2 sample (e), the Female 2 sample has lower MOS
values than the Male 2 sample for similar packet loss rates.
This is mainly because PESQ tool is known to underestimate
the MOS of female audio samples [20]. However, this situation
is not always true, if we compare the Female 2 sample with
Male 1 (d), the results of these two samples are well correlated.
A large number of tests based on a single test sample
will not always ensure a smooth curve and is not always
applicable to other samples. However, using the average of 5
samples from different sources with both Male and Female
voices reduces the sample dependency effect. Figure 2 (f)
shows average results of 5 samples. This average plot gives
a good estimation of how Opus codec performs over packet
loss rates from 0% to 20% in a more general context, without
the bias of a single sample. Additionally, since the transcoded
streams already have the effect of quality degradation from a
previous encoding (the output of which was then used as input
for transcoding), the curve of transcoded stream for 20 kbps
to 14 kbps is of a slightly lower quality than directly encoded
14 kbps stream, but still much higher than the three 8 kbps
streams. For these three curves, the directly encoded 8kbps
stream performs slightly better than the streams transcoded
from 20 to 8kbps and 14 to 8kbps respectively, as expected.
Another observation from the results is that, on average,
no matter where the stream is transcoded from, tests with
higher bit-rate always have better quality than those with a
lower bit-rate. Furthermore, the 8 kbps mode in Opus, which
would be employed in low bit-rate transmission modes, has
a significant degradation in quality from the 14 kbps mode,
much greater than the difference between 20 kbps and 14
kbps. While the loss rate increases, the difference between
MOS values decreases significantly. However, the difference
between each bit-rate is still noticeable when the MOS is in
an acceptable human perception range (MOS above 2.0).
C. Opus MOS Fitting
Based on the results presented in the previous section,
the performance of the Opus codec can be described using
mathematic model, as shown in Figure 3. This can then be
used in other situations to ascertain the call quality for a
given packet loss / bit-rate combination. While the E-Model
provides a method for estimating call quality when given
network characteristics, such as delay, packet loss rate, jitter
and the current codec, it is highly dependent on the codec
used. The impairment introduced by the codec has to be
ascertained and then standardized by a large experimental
evaluation. Currently, there are only ITU standard narrowband
codecs, along with a few non-ITU narrowband codecs that have
been widely tested and their impairment factors standardized.
Additionally, the wideband extension of E-Model [21] requires
that the packet-loss robustness factor (Bpl) corresponds to the
codec, packet size and packet loss concealment (PLC) used.
For our purposes, as the PLC technique can vary in the Opus
codec, we used the previously detailed method of inserting an
empty packet. For a more straightforward estimation of the
quality for a given bit-rate / packet loss rate combination and
Fig. 2. MOS Results from PESQ-WB under Different Packet Loss Rates
assuming the same buffer size, a polynomial function is used
to map packet loss rate to MOS from the previous WB-PESQ
analysis for each tested Opus bit-rate. Each fitting function has
a squared correlation coefficient above 0.99 to the results in
Figure 2(f) which indicates a high quality fit.
Fig. 3. Opus MOS Fitting Function
These mappings are then used in the following simulation
experiment to further study the effect of packet losses and
quality degradation in a congested network environment and
to derive the appropriate bit-rate switching thresholds.
IV. OPUS CODEC SIMULATION-BASED EVALUATION
The purpose of this experiment was to further evaluate the
performance of the Opus codec by employing it in a con-
gested network scenario. Given a bandwidth-limited link, as
background traffic increases, the network becomes congested
and as a result all packets transmitted over that link will
compete for transmission, leading to packet loss. By analysing
the performance of the different bit-rates and understanding the
relationship between the degradation curves, while introducing
congestion, the benefits of bit-rate adaptation can be assessed.
ns-21 was used to simulate the network topology, applications
(VoIP traffic) and to provide monitoring output. The reason for
doing this is to verify the assumption that a lower bit-rate Opus
stream has a lower packet loss rate than a higher bit-rate Opus
stream for a given background traffic level. This demonstrates
that switching to a lower bit-rate results in better call quality,
as well as extra bandwidth savings.
A. Simulation setup
In order to model a real VoIP call scenario, a single
call using Opus was simulated. This is then perturbed by
background traffic to saturate a bandwidth-limited link. This
background traffic was simulated as a constant bit-rate ap-
plication, with a fixed packet size of 62 bytes, where the
transmission interval between packets decreases as the required
background traffic level increases for each experiment. The 62
byte packet size represents 20kbps VoIP traffic, where the VoIP
payload per packet is 50 bytes and an additional 12 bytes
1http://www.isi.edu/nsnam/ns/
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Fig. 4. Simulation Topology
are used to represent the RTP header in ns-2. As shown in
Figure 4, Node 0 was used in this experiment to place the
“monitored” call. Node 1 was used to simulate the source of
background traffic. Node 0 and 1 send their traffic via Node
2 to Node 3. Node 0 and Node 1’s connections to Node 2
are modelled as 2Mbps links. Node 2 then forwards their
packets onto the 1 Mbps bottleneck link connected to Node
3. All links have a queue size of 50 packets and a drop tail
policy enforced. Node 3 has two receivers, one for receiving
the background traffic from Node 1, and one receiver for the
monitored Opus call from Node 0. Each received or dropped
packet is recorded, including the reception or dropping time,
packet size, flow id, etc. The VoIP flow from Node 0 to Node
3 through Node 2 was monitored and its packet loss rate was
calculated. Measurements for delay were performed, however
the maximum delay encountered was 25ms, which should
only have a minor effect on call quality. A brief experiment
was conducted using the E-Model with parameters for another
codec and the effect of delay was minimal (causing between
1% to 4% degradation in MOS). Jitter is considered in loss
by using a limited buffer length. This will lead to packet loss
when the delay added by jitter exceeds the buffer length. The
monitored VoIP flow started at 0 seconds and ran until the end
of simulation at 50 seconds. Background traffic lasted for 30
seconds, starting at 10 seconds into the simulation, running
to 40 seconds. The simulation was repeated for background
traffic levels ranging from 0.97 Mbps to 0.999 Mbps in 0.5
kbps increments.
The packet loss was calculated for every newly received
packet using a sliding average over the last 4 seconds from
the current packet reception time. The authors of [22] found
that the listener would not perceive the call quality degradation
immediately if it drops instantaneously, but as time goes by
the impairment would become noticeable and more annoying
to the listener. There is a recency effect that a listener would
remember call quality and start to notice the good-to-bad
transition in about 5 seconds and 15 seconds for the bad-to-
good transition. Thus, if remedial action can be made in the
first 4 seconds to maintain the call quality, this will not alter
the quality of user experience.
As discussed previously, the Opus tools collection were
used for the previous experiment. The output of the encoder is
a variable bit-rate audio file, with a mean bit-rate correspond-
ing to a target bit-rate. The OpusRTP tool, which can be used
for the transmission of Opus content over RTP, produces a list
of all the packets contained within the audio file, along with
each packet size. Our simulation then generates packets of the
exact size in the sample and then sends these packets every 20
ms (corresponding to the frame size). In this way, the simulated
audio streams have the exact same parameters as the previously
mentioned samples. Thus, the fitting described previously can
then be used to calculate the corresponding call quality, given
a packet loss rate for that bit-rate.
B. Results Analysis
As the experiment was repeated for different levels of
background traffic, each experiment generates a varying packet
loss pattern like the one shown in Figure 5. In this figure, we
have shown where the median value is located. (The label
corresponds to the time of occurrence for the median value
and its value, respectively). This figure shows the packet loss
rate under a constant level 0.994 Mbps background VoIP
traffic. Here, we can observe an increase in packet loss rate
as the links and consequently, buffers in the network become
congested, leading to packets being dropped. Figure 5 shows
the performance for one particular background traffic level and
clearly shows the packet loss behaviors of the 3 different bit-
rates in our experiment.
As can be seen in Figure 5, the 20kbps stream begins to
lose packets at 11.38 seconds and 14 kbps stream loses packets
slightly later at 12.08 seconds. However, the 8 kbps stream
maintains its 0% packet loss rate until 14.32 seconds (4.32
seconds after the background traffic begins). It can also be
noted that the rate of increase for packet loss for the 8 kbps
stream is much lower than that of the higher bit-rates. This
means that it takes more time to reach to its peak packet loss
rate for a given background traffic level.
Figure 6 shows the packet loss curve for increasing levels
of background traffic up to 0.999 Mbps, just below the link
bandwidth of 1 Mbps. These results were the average result
of the 5 tested audio samples at each simulated background
traffic level. For each simulation, the median value of the
packet loss rates as shown in Figure 5 were used. The 20 kbps
stream starts to lose packets at 0.9775 Mbps of background
traffic. The 14 kbps stream begins to lose packets at 0.9825
Mbps, while 8 kbps stream remains at 0% loss rate until the
background traffic reaches 0.9895 Mbps. Furthermore, the rate
of increase for each stream is different. The 20 kbps stream
is more sensitive to background traffic as shown by the higher
packet loss rate. The sensitivity to background traffic decreases
as the stream bit-rate is lowered, with the stream of 8 kbps
being least sensitive.
As the average of 5 samples were used, this leads to some
variability in the levels of packet loss for a given background
traffic level, as a result of the variable bit-rate of each sample’s
speech content. Our experiments also demonstrated that the
ns-2 simulator sometimes produced a fixed pattern of packet
losses. This is apparent in the significant drop for the 20
kbps stream (and less so, for 14 kbps) under 0.992 Mbps of
background traffic. Upon further investigation, for background
traffic with 62 bytes per packet and at a rate of 0.992 Mbps,
it was found that these particular values produce exactly 2000
packets to be transmitted per second for the background traffic.
This combination produces unusual results, in the case of
Fig. 5. Opus Stream Packet Loss under 0.994 Mbps Background Traffic
Fig. 6. Opus Packet Loss Trend under Increasing Background Traffic
20kbps which has approximately 3% packet loss, while for the
14 kbps the observed packet loss is around 6%, much below
observed packet loss rates for similar levels of background
traffic. However, for all other background traffic levels, the
combination of packet size and background traffic level results
in an amount of packets with a fractional part, which then
produce coherent results. It would appear that this behavior is
linked to some factor within the ns-2 scheduling. To further
validate our experimental approach, the background traffic
packet size was incremented and decremented by 1 byte, which
again produced correct results. For the purposes of our next
experiment, the corresponding points at 0.992 Mbps were
removed.
Most importantly, it can be observed in Figure 6 that for
the same level of background traffic, streams with different bit-
rates suffer different packet loss rates. This leads to thresholds
where the call quality for a lower bit-rate stream would be
better than that of a higher bit-rate stream. From Figure 6,
a mapping from the packet loss rate of the current bit-rate
to the corresponding packet loss rate of another bit-rate can
be derived. These packet loss rates can then be compared in
terms of their corresponding speech quality (from Figure 3).
This allows for the determination of thresholds where the call
quality of one bit-rate exceeds that of another. In the figures
below, we term 20 kbps, 14 kbps and 8 kbps as high, medium
and low quality respectively. We summarize the methodology
for threshold determination as follows:
1) Monitor the packet loss rate for the current bit-
rate. And using Figure 6, compute the corresponding
packet loss rate that would be observed by using a
lower bit-rate.
2) Using the fitting provided in Figure 3, compute the
MOS for the current and the lower bit-rate.
3) If the MOS for the lower bit-rate is higher than that
for the current bit-rate, inform the encoder to switch
to the lower bit-rate.
Fig. 7. Opus Stream Switching from High Quality to Medium Quality
Fig. 8. Opus Stream Switching from Medium Quality to Low Quality
Figure 7 and 8 present the results for the above method, us-
ing the results obtained in our experiments. In both figures, the
horizontal axes correspond to the packet loss rates experienced
by 20 kbps and 14 kbps, respectively (i.e. these are the streams
that the switching is made from). The corresponding packet
loss rate for the lower quality stream being switched to (not
shown here) will be lower, as explained above. In Figure 7, we
can observe that as the packet loss rate of the higher quality
stream exceeds approximately 0.8%, the quality of the medium
quality stream becomes greater than that of the high quality
stream. This trend continues as packet loss rates increase.
For the case of a transition between medium and low quality
(Figure 8), once the packet loss rate of the medium quality
stream exceeds approximately 5.7%, the quality of the lower
quality stream becomes greater. A similar methodology can be
used to enable switching back to a higher quality. However, this
requires additional information regarding network congestion
(as a 0% packet loss rate in lower bit-rates can correspond
to multiple packet loss rates in higher bit-rate) and temporal
logic in order to avoid repeated switching between lower and
higher bitrates over a short period of time.
V. CONCLUSION
This paper presented an analysis of the impact of packet
loss on VoIP call quality for the Opus audio codec. From
this analysis, a collection of fitting functions describing the
relationship between packet loss rate and call quality for
multiple bit-rates, were derived. Furthermore, this paper also
investigated the performance of Opus in a congested network
scenario, to understand the relationship between packet loss
rates for different bit-rates (and the resultant call quality).
The results of these experiments allowed us to determine
that beyond approximately 0.8% packet loss rate for a 20
kbps stream, better quality can be achieved by switching to
a 14 kbps stream. Similarly, when experiencing above approx-
imately 5.7% packet loss for a 14 kbps stream, switching to a
8 kbps stream results in better quality.
To increase the applicability of these results, future work
could include the analysis of the transcoded samples and
samples from different languages. Focusing on Opus, future
work could include the investigation of more bit-rates, frame
sizes and the use of more complex packet loss concealment
and forward error correction, as these were not used. While
on the simulation environment, the use of different background
traffic models could produce interesting results.
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